Abstract-The orthogonal frequency division multiplexing (OFDM) transceiver has enjoyed great success in many wideband communication systems. It has low complexity and robustness against multipath channels. It is also well-known that the OFDM transceiver has poor frequency characteristics. To get transceivers with better frequency characteristics, filterbank transceivers with overlapping-block transmission are often considered. However these transceivers in general suffer from severe intersymbol interference (ISI) and high complexity. Moreover costly channel dependent post processing techniques are often needed at the receiving end to mitigate ISI. In this paper, we design discrete Fourier transform (DFT) modulated filterbank transceivers for multipath fading channels. The DFT modulated filterbanks are known to have the advantages of low design and implementation cost. Although the proposed transceiver belongs to the class of overlapping-block transmission, the only channel dependent part is a set of one-tap equalizers at the receiver, like the OFDM system. We show that for a fixed set of transmitting or receiving filters, the design problem of maximizing signal-to-interference ratio (SIR) can be formulated into an eigenvector problem. Experiments are carried out for transmission over random multipath channels, and the results show that satisfactory SIR performance can be obtained.
I. INTRODUCTION
T HE orthogonal frequency division multiplexing (OFDM) technique has enjoyed great success and popularity in both wireless and wired transmissions [1] . It has been adopted in standards for various applications such as the asymmetric digital subscriber line (ADSL), very high bit rate digital subscriber line (VDSL), wireless local area networks (LANs), digital audio and video broadcasting, etc. Two of the attractive features of OFDM systems are low complexity and the ability to combat intersymbol interference (ISI). By adding a cyclic prefix of an appropriate length, frequency selective multipath channels are converted into a set of frequency nonselective subchannels using discrete Fourier transform (DFT) and inverse discrete Fourier transform (IDFT) matrices. The system requires only simple one-tap frequency domain equalizers at the receiver. However because the rectangular window is used as the pulse shaping filter in OFDM systems, the transmitting and receiving filters suffer from very poor frequency responses. The stopband attenuation is only 13 dB, and it decays at a rate of only. In many applications, it is often desired to have filters with better frequency responses. For many wireless communication systems, it is desirable to have a transmitter with good frequency responses so that the transmitter output will have small out-ofband energy. For many wired wideband communication systems, there is often narrowband radio frequency interference, and we will need better receiving filters to combat narrowband noise.
Many solutions have been proposed to improve the frequency characteristics of the OFDM transmitter or receiver. In [2] - [6] , windowing or filtering methods have been introduced to reduce the out-of-band energy of OFDM transmitter outputs. Nonrectangular continuous-time pulse shaping filters have been proposed to improve the spectral roll-off of the transmitted signals, e.g. [2] and [3] . Discrete-time windows have been considered in [4] - [6] . In [7] and [8] , windowing techniques are applied to increase the stopband attenuation of the receiving filters. However these windowing techniques often increase the number of redundant samples needed for removing ISI or amplify the receiver output noise power.
In addition to the windowing technique, filterbank techniques have also been proposed to design transceivers with better transmitting and receiving filters. The connection of filterbank and transceiver is first recognized by Vetterli in [9] . It is shown that by interchanging the analysis and synthesis banks, one can obtain a transmultiplexer or a transceiver. Moreover, for AWGN channels, the transceiver is zero-forcing if the corresponding filterbank has perfect reconstruction (PR). In [10] , the authors propose the so called discrete wavelet multitone (DWMT) system, in which PR filterbank is used as the transceiver. The transmitting and receiving filters have excellent frequency separation property inherited from good filterbank designs. For frequency selective channels, there is intra-band as well as cross-band interference in these filterbank transceivers [9] , [10] . Unlike the OFDM system, there is no simple equalization technique for DWMT systems.
One drawback of filterbank transceivers is their high complexity. To implement an -band filterbank transceiver, we need to implement transmitting filters and receiving filters. To reduce the complexity, DFT or cosine modulated filterbanks are often employed [11] - [15] . Modulated filterbank transceivers achieving ISI-free transmission over AWGN channels have been considered in [11] - [14] . For multipath channels, these transceivers are no longer ISI-free. Comparisons and performance evaluations of these modulated filterbank transceivers have been conducted in [11] , [12] . The results show that though the filterbank has near PR property, the ISI introduced by the channel can seriously degrade the system performance. To reduce the amount of ISI, intra-and cross-band equalization are performed on the receiver outputs in [10] and [13] . In [15] , the problem of complicated equalization is overcome by introducing cyclic prefix to the filterbank transceiver. However, frequency responses of some of the transmitting and receiving filters are seriously affected by the insertion of cyclic prefix.
There have been attempts to design ISI-free filterbank transceivers for frequency selective channels [16] - [20] . However, these design methods assume that the exact channel impulse responses are known. Moreover, except for [17] , the minimum-mean-square-error (mmse) solutions are studied, and the resulting transmitting and receiving filters do not have good frequency responses. In [17] , the authors propose a method for designing ISI-free filterbank transceivers using paraunitary or unimodular matrices. However, the optimization involves a highly nonlinear objective function. As we have mentioned earlier, one of the most attractive features of OFDM systems is the ability to attain ISI-free property for unknown multipath channels. Most of the previously proposed filterbank transceivers do not enjoy this feature. Therefore, it is of tremendous interest in studying filterbank transceivers with such a property. A non DFT-based transceiver with such a property, called A Mutually Orthogonal Usercode Receiver (AMOUR) transceiver, has been introduced in [21] . By judiciously selecting the zeros of the transmitting filters and employing a corresponding Vandermonde receiving filters, the authors show how the AMOUR transceiver can achieve ISI-free for unknown channels. The AMOUR transceiver belongs to the class of block transmission schemes; its transmitting filters and receiving filters cannot be longer than the upsampling and downsampling ratio. Moreover there is no simple method to design AMOUR transceivers with good frequency responses.
In this paper, we design filterbank transceivers for multipath fading channels. We mainly focus on DFT modulated filterbank transceivers. The DFT modulated filterbanks are known to have the advantages of low design and implementation cost. Although the proposed transceiver belongs to the class of overlapping-block transmission, the only channel dependent part is a set of one-tap equalizers at the receiver, like the OFDM system. For a set of good receiving filters, the transmitting prototype filter can be optimized so that SIR is maximized. Conversely, we can also design the receiving prototype filter to maximize SIR given transmitting filters. We show that such an optimization problem can be formulated as a Rayleigh-Ritz ratio, whose solution is well known [22] . Moreover, we will prove that for the multipath channels, given that the transmitting (or receiving) filters are DFT modulated filters, the assumption of DFT modulated receiving (or correspondingly transmitting) filters is no loss of generality. Simulation results show that DFT modulated filterbank transceivers with satisfactory SIR value can be obtained.
The paper is organized as follows. In Section II, we will derive the ISI-free conditions for DFT modulated filterbank transceivers and show that these conditions can be formulated using a matrix representation. The optimization of the transceivers is studied in Section III. We will derive the SIR expressions and show that they can be rewritten as a Rayleigh-Ritz ratio. Fig. 1 shows a filterbank transceiver. The number of subbands is and the downsampling and upsampling ratio is . We assume that so that ISI-free solution is possible. The number represents the number of redundant samples added to combat intra-band and cross-band ISI. The filters and are respectively the transmitting and receiving filters. In this paper, we consider only fininte impulse response (FIR) filters with where and are, respectively, the length of the transmitting and receiving filters. The values of and can be larger than . So our study also includes the case of overlapping block transmission. The purpose of adding at the receiver will be explained later. For notational simplicity, we have used the noncausal expression for the receiving filters. Causal filters can be easily obtained by adding enough delays. We say that the filterbank transceiver is ISI-free 1 if in the absence of noise , for for some constants . In this case, a zero-forcing solution can be obtained by cascading a simple one-tap equalizer of at each subband.
II. ISI-FREE DFT MODULATED FILTERBANK TRANSCEIVERS
The complexity of a general filterbank transceiver as shown in Fig. 1 is very high. At the transmitter and receiver, we need to implement filters of orders and , respectively. In many applications, such a high cost might not be justified. To reduce the complexity, we consider DFT modulated filters in this paper: and where
(1) for . Note that even though the decimation ratio is , the filters are shifted by integer multiples of . The implementational cost of the DFT modulated filterbank transceiver is very low. At the transmitter (or receiver), we only need to implement a prototype filter of order (or correspondingly order ) and an by DFT matrix that can be implemented efficiently using fast Fourier transform. In addition to low implementational cost, the DFT modulated filterbank transceiver has low design cost. We need only to design one prototype filter at the transmitter and the receiver. Moreover in some cases, there is no loss of generality in using DFT modulated filters (see Theorem 1) .
In many applications, it is often desired to have transmitting filters or receiving filters with good frequency responses. For many wireless communication systems, we would like to have transmitting filters with better frequency responses so that the transmitter outputs will have smaller out-of-band energy. In this case, is designed to be a good lowpass filter and will be good bandpass filters. On the other hand, for many wired communication systems, better receiving filters are often needed to combat narrowband radio frequency interference (RFI) noise. In this case, is designed to be a good lowpass filters, and will be good bandpass filters. Depending on applications, our design problem is either 1) given a good lowpass transmitting prototype filter , design the receiving prototype filter to achieve the ISI-free property or SIR maximization, or 2) given a good lowpass receiving prototype filter , design the transmitting prototype filter to achieve the ISI-free property or SIR maximization. As we will see later, interchanging the transmitting filters with the receiving filters will not affect the ISI-free property of the transceiver. Problem 1 can be easily formulated into Problem 2, and vice versa, by interchanging the roles of transmitting and receiving filters. In this paper, we will consider Problem 2 only. Hence, in this section and in Section III, is a predetermined good lowpass filter.
In this paper, the transmission channel is assumed to be slowly varying and that it can be modeled as an FIR linear time invariant (LTI) channel and an additive noise , as shown in Fig. 1 . Let be the maximum possible order of the channel . Then, can be expressed as
Unlike the OFDM and other block transmission systems, the order of the channel can be larger than the number of redundant samples . Fig. 2 shows the transfer function from the th input to the th output. It is known [23] that the system in Fig. 2 is LTI with transfer function (2) where the notation denotes -fold downsampling. We express the term as the AMOUR transceiver [21] . In the AMOUR transceiver, the ISI-free property is achieved by judiciously selecting the zeros of the transmitting filters and employed a corresponding set of Vandermonde receiving filters.
Using Lemma 1, one can verify that the ISI-free condition can be further simplified as (6) for all . When the filterbank transceiver achieves the ISI-free condition in (6), any frequency selective channel with order is converted into a set of parallel frequency nonselective subchannels. The gain of the th subchannel is given by (7) Even though the conditions in (6) only say that the input sequence of the 0th band will not cause any interference to other subbands, this condition alone is enough to guarantee the ISI-free property of the transceiver when the filters are DFT modulated filters.
Matrix Form of the ISI Condition: Given a fixed receiving prototype filter , the parameters and can be written as a linear combination of the impulse response . Therefore, we can write
. . . . . .
where the by matrices and are given in Appendix B. Define the vectors . . . . . .
Then, the ISI-free conditions in (6) can be written as
One can write the above conditions as a single matrix equation:
When the desired parameters are known, one can use the least square method to solve the above linear equations and obtain (10) Note that this least square solution is different from the conventional MMSE solution. In the above design, we do not consider channel noise, and hence, is independent of the channel and noise. In many applications, it is desired to have transceivers that maximize SIR. The optimal that maximizes SIR is not known yet. In Section III, we will show that the design of that maximizes SIR can be formulated as an eigenproblem that has a well-known solution.
On the Choice of : The relation between and the subchannel gain is given in (7) . If are known, let . One intuitive choice of is otherwise.
In many applications, might not be available. Then one can select for all . Using (7), we have (11) where are the M-point DFT coefficients of . The subchannel gains are the same as those in the OFDM system, except for a unit-magnitude constant. Note that in this case, ; the channel energy is preserved by the transceiver.
Filterbank Transceivers for Unknown MIMO Channels: The ISI-free filterbank transceivers presented above remain ISI-free when the channel is a MIMO LTI system. To see this, consider Fig. 3, where is an by transfer matrix of order . Let the th element of be . Then, the transfer function from the th input to the th output becomes If the filters and satisfy (5), then it is clear that continues to satisfy the ISI-free condition in (5) for any MIMO channels of order .
Remark: Although we consider only DFT modulated transmitting and receiving filters, the derivation for the case of more general transmitting and receiving filters is very similar.
III. SIR OPTIMIZED TRANSCEIVERS
In this section, we will consider the case when is some predetermined good lowpass filter so that the receiving filters have good frequency responses. We will design the transmitting prototype filter so that the signal-to-interference ratio (SIR) is maximized. We first design transceivers that optimize the SIR when the exact channel impulse responses are known. Then transceivers optimized for unknown multipath channels will be considered. In the following derivations, we assume that the input signals are uncorrelated, zero-mean, wide sense stationary, and white random processes with the same variance . In other words
This mild assumption can be satisfied by properly interleaving the input data.
A. SIR Optimized Transceivers for Known Channels
In this subsection, we assume that the exact channel impulse responses are known. Recall the definitions of and in (3) . Using these definitions, the output of the th subband can be expressed as where " " denotes convolution, and we have used the definition of in (4) . We see that the three terms on the right hand side of the above expression are respectively the desired signal, the intra-band ISI and the cross-band ISI. Under the assumption of uncorrelated input signals, the signal power and interference power at the th subband are, respectively, given by (12) (13) Note that both the signal power and interference power depend on the channel impulse response . Using (12) and (13), we can write SIR as (14) , shown at the bottom of the page, where the subscript means that this is the SIR for a fixed transmission channel . If is known, we can design to maximize SIR . In what follows, we will show that SIR can be formulated as a Rayleigh-Ritz ratio [22] 
Except for some special cases, the matrix is invertible. Decomposing as for some positive definite matrix and letting , the above optimization problem can be rewritten as Using Rayleigh-Ritz theorem [22] , we immediately get the optimal solution as , where is the eigenvector corresponding to the largest eigenvalue of .
B. SIR Optimized Transceivers for Multipath Fading Channels
In many applications, the exact channel impulse responses might not be available, and we may have only the statistics of the transmission channels. Consider multipath fading channels with taps for . Assume that the coefficients are complex random variables that satisfy (15) for . In other words, the coefficients are zero mean and uncorrelated. We consider the average signal power and the average ISI power. At the output of the th band, the average powers of signal and interference term are, respectively, defined as where means that the expectation is taken with respect to . Using (12) and (13) and the results in Lemma 1, these average powers can, respectively, be expressed as where we have used the fact that for all to simplify the expression for . It is interesting to note that these average powers are independent of ; all the subbands have the same average signal and interference powers. The average SIR is therefore given by SIR (16) Our goal is to design so that SIR is maximized. We can formulate SIR as a Rayleigh-Ritz ratio. Using an approach similar to the earlier derivation, one can verify that we can express the 3 summations in the expression of SIR, respectively, as where the diagonal matrix diag . From the above expressions, one can form the Rayleigh-Ritz ratio and solve for the optimal that maximizes SIR. As our goal is to find FB transceiver that minimizes ISI for multipath fading channels, we do not consider channel noise in the optimization. Thus the resulting solution is different from the conventional MMSE solution because it is independent of the exact channel impulse response and the noise.
iid Channels 2 : When the taps of channel response are independent and identically distributed (iid) random variables, the average SIR can be obtained from SIR by setting for all SIR (17) Note that in this case, the average SIR becomes channel independent; the optimal transceiver is also channel independent.
On the Choice of : Note that the matrices and depend on the choice of the integer . In the optimization process, one has to search for the best to maximize the objective function. Because the upsampling and downsampling ratio is , there is no need to search for a range that is larger than . In our simulations, we find that the best falls within the range of . In the above optimizations, it is assumed that the transmitting filters are DFT modulated filters and hence we need only to design one prototype filter . This is in general a loss of generality. However for multipath fading channels that satisfy (15), we can show that there is no loss of generality in using DFT modulated transmitting filters if the receiving filters are DFT modulated filters. This result is stated more precisely in the following theorem.
Theorem 1:
Suppose that the channel impulse responses satisfy (15) . If the receiving filters are DFT modulated filters, then the optimal transmitting filters that maximize the average SIR satisfy for some unit magnitude constant .
Proof: When the transmitting filters are not DFT modulated versions of a prototype filter, the sequences and do not satisfy the relations described in Lemma 1 and hence the SIR in (17) is no longer valid. In this case, the average SIR depends on and . One can verify that it is given by SIR Let us rewrite the average SIR as SIR where the non-negative quantities and are, respectively, defined by
From the definitions of and in (3), we can immediately see that and depend only on the th transmitting filter , and affects only and . Define 3 (18) Then, the problem of finding the set to maximize SIR is equivalent to finding each individual transmitting filter to maximize . Suppose that maximizes . Let be the corresponding maximum SIR value and let and be the corresponding sequences. Then we would like to show that for any unit magnitude constant optimizes . Note that when is a frequency shifted version of , from Lemma 1, we know that the corresponding sequences and will have the same magnitude as and respectively. From the expression of , we can conclude that when , . Now, suppose that is not an optimal solution; there exists an such that the corresponding is larger than . Then, by letting and using a similar procedure, one can show that we will get , which is larger than , which is a contradiction! Hence, the choice of is optimal. QED
IV. SIR OPTIMIZED TRANSCEIVERS WITHOUT FREQUENCY RESPONSE CONSTRAINTS
In previous sections, it is assumed that the receiving prototype is predetermined as a good lowpass filter so that the receiving filters will have good frequency responses. There may be applications for which neither the transmitting filters nor the receiving filters need to have good frequency responses. In this case, our goal is to design both and so that SIR is maximized. However the problem of simultaneous optimization of and is highly nonlinear. We adopt the iterative approach proposed in [19] to solve the problem. Given , we know how to design using results in Section III. Given , one can in fact use a similar procedure to design . The reason is as follows. Observe from (2) that we can interchange the filters and without affecting the ISI-free property of the transceiver. Hence by replacing with and using the same techniques described in Sections II and III, we can obtain expressions of , SIR and SIR in terms of . Therefore, given , the optimal can be solved in a similar procedure. The iterative procedure similar to that in [19] for designing and is as follows. The filter is initialized as a good lowpass filter or any simple filter. For , do the following. a) Given , optimize so that or SIR is maximized depending on how much channel information is available. b) Given , optimize so that or SIR is maximized depending on how much channel information is available. c) If is equal to the maximum number of iterations, or SIR is higher than the desired value or the difference between , and those of the previous iteration is smaller than some fixed value, stop. Else, , and go to a). Note that the resulting SIR is a nondecreasing function of the number of iterations. However, it is not guaranteed to converge to the global maximum.
V. SIMULATION RESULTS
In this section, we provide six examples to demonstrate our results. In the first four examples, we consider the case when the receiver filters have good frequency responses. The receiving prototype filter is a unit norm lowpass filter designed using the eigenfilter method [24] . The coefficients are designed to minimize It is found in the experiments that by choosing as a number slightly larger than , we will get satisfactory results. In the fifth example, we consider the case when there is no frequency response constraint on , and we design and using the proposed iterative procedure. The transmission are multipath fading channels with taps. The coefficients are independent circular complex Gaussian random variables with variances . We have used 10 000 random channels in the experiments. Given and , the SIR values in our plots (except Example 6) are the average value over these 10 000 channels, as shown in the equation at the bottom of the page. In Example 6, only 200 randomly chosen channels are employed in the simulation due to the complexity limitation.
Example 1: In this example, , and . The multipath channel is iid. So are the same for all . The order, stopband edge, and stopband attenuation of transmitter prototype filter are respectively , and 61 dB. The plot of the magnitude responses of the first five receiving filters are shown in Fig. 4 . First, we consider (i) DFT modulated transmitting filters maximizing SIR, (ii) general (non-DFT modulated) transmitting filters, , maximizing SIR, and (iii) DFT modulated transmitting filters designed by the least square method in (10) . For the least square method, for , we choose [choosing as the DFT coefficients as in (11) gives a worse performance]. We plot SIR versus and the results are shown in Fig. 5 . From the figure, we see that the maximized SIR method always outperforms the least square method. The SIR performance of general transmitting filters is identical to that of DFT modulated transmitting filters. Hence, by choosing DFT modulated filters we do not lose any performance as explained in Theorem 1. When increases, SIR increases. Moreover for moderate filter orders of , e.g., 20 , 40 and 60, we are able to obtain SIR values of 14.5, 17, and 19.5 dB respectively. Fig. 6 shows the performance of SIR optimized transceiver versus , the stopband edge of the receiving prototype filter . The filters order . We see from the figure that the SIR value varies with , but it is not very sensitive to the choice of . The optimal . Example 2: We set , and . The stopband edge for is . The multipath channels are iid channels with taps. We plot the SIR performance of the transceivers versus . The SIR curves are shown in Fig. 7 . From the figure, we see that the SIR performance degrades gradually with respect to . Even when is larger than the number of redundant samples , we can have a moderate SIR performance. Note that when the channel is a frequency nonselective channel, i.e., when the number of taps is , the transceiver is not ISI-free. This is because the DFT modulated filterbanks of the form in (1) cannot achieve PR with FIR prototype filters [23] .
Example 3: In this example, we design transceiver with and . The receiving prototype filter has , and a stopband attenuation of more than 61 dB. The random channels are iid channels with taps. The SIR curves for , 8, 16 are shown in Fig. 8 . We can still have a moderate SIR value when is 64. Example 4: We take , and . The variances of are . We consider transceivers that optimize i) SIR in (14) , ii) SIR in (16) , and iii) SIR in (17), respectively. In Case i), we design an optimal transceiver for each of the 10 000 random channels, whereas in Cases ii) and iii), we design only one optimal transceiver. In Case ii), we assume that the variance is known and it is incorporated in the design. In Case iii), the transceiver is designed for iid channels although the actual variance is . The cost SIR of designing optimal transceivers for known channels is significantly higher than those in Cases ii) and iii). The results are shown in Fig. 9 . As we might expect, if the exact channel impulse responses are known, the transceiver will have the best SIR performance. Comparing Cases i) and ii), the improvement is not significant. If we compare Cases ii) and iii), we can obtain a moderate gain. Hence, incorporating the variance in the design can significantly increase the SIR performance without much increase in design cost.
Example 5:
In this example, 4 we compare the bit rate performance of the proposed transceivers. The system parameters are the same as those in Example 3. A total of 200 sets of iid channels are employed in the simulations. We consider two cases where the channel noise is a complex AWGN with variance with and without narrowband interference (NBI). The narrowband noise is modeled as . We consider the transmission rate under a fixed probability of symbol error of . We plot (number of bits per block) versus SNR (which is given by , where is the symbol energy). The quantity is given by [25] SNR where denotes the largest integer that is smaller that , and SNR is the SNR at the output of the th subchannel. The results are given in Fig. 10 . From the figure, we see that when there is no NBI, the conventional OFDM system performs better that the proposed DFT transceiver. The difference increases when SNR increases. In the absence of NBI, the output error due to AWGN is the same for both systems. The conventional OFDM system is ISI-free whereas the proposed DFT transceiver suffers from residue ISI. At high SNR, the performance of the proposed transceiver is limited by the ISI effect. On the other hand, the presence of NBI has little effect on the performance of the proposed transceiver whereas the performance of the conventional OFDM system degrades significantly when there is NBI.
Example 6: In this example, , , , and . The transmitting prototype filter is initialized as the lowpass filter in Example 1. The channels are iid channels. Using the iterative procedure described in Section IV, we design both and to optimize the average SIR. The results are shown in Fig. 11 for , 30, and 40. Note that SIR values can be as high as 50 dB. For the case of , the transmitter reduces to a block transmission scheme, and it is found that the solution converges to the conventional OFDM scheme.
VI. CONCLUSIONS
In this paper, we consider DFT modulated filterbank transceivers. Given a fixed receiving (or transmitting) prototype filter, we have shown that the problem of finding the best transmitting (or correspondingly receiving) prototype filter that maximizes the SIR can be formulated as a Rayleigh-Ritz ratio. The optimal prototype filter can be obtained as the eigenvector corresponding to the largest eigenvalue of an associated positive definite matrix. For multipath fading channels, we show that there is no loss of generality in assuming that the optimal transmitting filters are DFT modulated version of a prototype filter. Simulations of transmission over random multipath channels have been carried out and the results have demonstrated the usefulness of the proposed transceiver.
APPENDIX A PROOF OF LEMMA 1
We will prove the relation for . The proof for is very similar. Substituting (1) into the expression for in (3), for , we get 5 From the above expression, we immediately get the relation for . 
APPENDIX B EXPRESSIONS

